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(57) ABSTRACT 

A method for detecting and quantifying impairments of a 
received communication signal of a QAM data communi- 
cation system represented by a plurality of ideal values. The 
method includes storing a statistically significant number of 
a plurality of received points of the signal for each ideal 
value corresponding to a plurality of groups of said plurality 
of ideal values. The received points are defined by an 
in-phase and a quadrature components in a coordinate 
system in which a first axis is the in-phase axis and a second 
axis is a quadrature axis. The components have corresponds 
ing ideal components from their respective ideal value. Each 
group corresponds to respective impairments and is specific 
to the same. The method also comprises analyzing the 
components of the points of respective group in relation with 
their respective ideal components to quantify the impair- 
ments of said signal and provide calculated values of the 
same. And displaying the calculated values of the impair-; 
ments such as signal compression ratio, I/Q gain imbalance 
ratio, 1/Q phase imbalance, phase noise, signal to noise ratio, 
signal to interference ratio and clipping level. The method 
also detects and quantifies other parameters of the signal 
such as real baud rate, real carrier frequency, amplitude and 
group delay response, and low frequency disturbance (hum) 
of the data communication system represented by a specific 
coding. 
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METHOD AND APPARATUS FOR DETECTING 
AND QUANTIFYING IMPAIRMENTS IN QAM 
SIGNALS 

CROSS REFERENCE TO RELATED 
APPLICATION 

[0001] This application is related to U.S. provisional 
application for patent Serial No. 60/253,729 filed on Nov. 
29, 2000. 

FIELD OF THE INVENTION 

[0002] The present invention relates to radio frequency 
(RF) communication signals and more specifically to a 
method and apparatus for detecting and quantifying impair- 
ments in quadrature amplitude modulation (QAM) signals. 

BACKGROUND OF THE INVENTION 

[0003] In the recent years, the Community Antenna Tele- 
Vision (CATV) network has evolved from an unidirectional 
analog system to a bi-directional, Hybrid Fiber Coaxial with 
a mix of analog and digital signals. The most common 
configuration comprises a fiber optic main distribution net- 
work associated with a local distribution network using 
coaxial cable. The downstream signals are a mix of analog 
modulated television and Frequency Modulation (FM) plus 
a few service signals in a band from 50 to 550 MHz, above 
550 MHz digital modulated signals in the QAM-64 or 
QAM-256 are available, plus possibly a few auxiliary digital 
service signals around 50 to 200 MHz. All of these signals 
are normally continuous. 

[0004] In the reverse or upstream path signal from 5 to 42 
MHz, mostly digital signals in the Quadrature Phase Shift 
Keying (QPSK — QAM -4) or QAM-1G formats are used plus 
a few service signals in either analog or digital modulation. 
All of these signals are normally pulsed ON when required. 

[0005] The multiplicity of digital signals induces a 
requirement to measure the quality of these signals. There 
have been two trends in performance measurement. 

[0006] On the one hand, there is a multiplicity of test 
instruments with somewhat limited capability, i.e. measure- 
ment of total impairments (in the form of Modulation Error 
Ratio (MER) or its inverse Error Vector Magnitude (EVM)), 
error data rates in a few formats such as Bit Error Rate 
(BER) before and after standard Forward Error Correction 
(FEC), data packets loss, etc. Display of received signal in 
constellation format and Equalizer coefficients comple- 
mented these quantified measurements for analysis by the 
instrument operator. 

[0007] On the other hand, there are a few instruments for 
laboratory use that are far more sophisticated but also much 
more of general purposes. The general configuration of these 
instruments is a raw signal recording followed by complete 
demodulation and analysis in software. The analysis will 
provide the same measurements in terms of MER/EVM but 
no BER within the format of digital television modulation, 
but BER Test using pseudo-random sequences. Measure- 
ments also include peak constellation deviation, average 
deviation, eye pattern, EVM variation in time, etc. 

[0008] Being of general purposes laboratory instruments, 
these are large, not in-field intended, require elaborate set-up 



and very qualified personnel to interpret results. Also the 
cost of these instruments is many times that of the first 
category. 

[0009] The operator of a transmission system uses an array 
of tools to diagnose the state of this channel. Each tool is 
focused on a specific aspect of the operation. Amongst that 
variety, we notice the constellation display of the received 
soft decisions. This is a visual display of the received signal 
in a quasi-analog fashion. The clusters of received symbols 
around ideal values provide an indication of impairments by 
their shape, their spread and their positions. 

[0010] It takes a trained "eye" to diagnose the various 
impairments but it is nearly impossible to quantify them, 
also the occurrence of more that one impairment renders the 
analysis very difficult. There is then a need to analyze the 
constellation to extract and quantify impairments. 

OBJECTS OF THE INVENTION 

[0011] It is a general object of the present invention to 
provide a method and an apparatus for detecting and quan- 
tifying impairments in QAM signals that obviates the above 
noted disadvantages. 

[0012] Another object of the present invention is to pro- 
vide an apparatus for detecting and quantifying impairments 
in QAM signals that is simple for either in-field use or for 
unmanned monitoring of a CATV system at an affordable 
cost. 

[0013] A further object of the present invention is to 
provide a method for detecting and quantifying impairments 
in QAM signals that is non-intrusive i.e. that leaves the 
signal uninterrupted during its operation. 

[0014] Still another object of the present invention is to 
provide a method for detecting and quantifying impairments 
in QAM signals that provides accurate results enough for 
any general purposes evaluation of the signal. 

[0015] Yet another object of the present invention is to 
provide a method for detecting and quantifying impairments 
in QAM signals that is simple in principle or methodology 
and requires only simple electronic instrumentation. 

[0016] Other object of the present invention will become 
apparent from a careful reading of the detailed description 
provided herein, with appropriate reference to the accom-- 
panying drawings. 

SUMMARY OF THE INVENTION 

[0017] According to one aspect of the present invention * 
there is provided a method for detecting and quantifying 
impairments of a received communication signal of a 
quadrature amplitude modulation data communication sys- 
tem represented by a plurality of ideal values, said method 
comprises the steps of: 

[0018] a) storing a statistically significant number of 
a plurality of received points of said signal for each 
of said ideal values corresponding to a plurality of 
groups of said plurality of ideal values, each of said 
received points being defined by an in-phase and a 
quadrature components in a coordinate system in 
which a first axis is an in-phase axis and a second 
axis is a quadrature axis, said components having 
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corresponding ideal components from their respec- 
tive of said ideal values, each of said groups corre- 
sponding to a respective of said impairments and 
being specific to the same; 

[0019] b) analyzing said components of said received 
points of respective of said groups in relation with 
their respective of said ideal components of said 
ideal values to quantify said impairments of said 
signal and provide calculated values of the same; 

[0020] c) displaying said calculated values of said 
impairments. 

[0021] Preferably, the method further comprises, after step 
c), the following step of: 

[0022] d) storing said calculated values of said 
impairments, thereby allowing an unmanned moni- 
toring of said communication signal. 

[0023] Preferably, the impairments are selected from a 
group including signal compression ratio, I/Q gain imbal- 
ance ratio, I/Q phase imbalance, phase noise, signal to noise 
ratio, signal to interference ratio and clipping level. 

[0024] Preferably, the plurality of ideal values being dis- 
tributed around an origin of said coordinate system in a 
plurality of adjacent rows and columns forming a square 
shape pattern, said rows and columns being in a direction of 
said in -phase axis and said quadrature axis respectively, said 
pattern defining four outer corner ideal values, external 
horizontal and vertical ideal values of said two outermost of 
said rows and two outermost of said columns respectively, 
internal ideal values in a center proximity of said origin, 
different combinations of said received points corresponding 
to respective of said defined ideal values forming said 
plurality of groups. 

[0025] Preferably, the received points corresponding to 
respective of said four outer corner ideal values forming a 
first of said plurality of groups corresponding to said signal 
compression ratio impairment, said method, further com- 
prises, after step b), the step of: 

[0026] bl) determining for each of said four outer 
corner ideal values an average received point from 
the corresponding of said plurality of received 
points, a radial component of a vector going from 
corresponding of said outer corner ideal value to the 
corresponding average received point, and a signed 
average of said radial components, the ratio of the 
latter to a nominal distance from said origin to one of 
said outer corner ideal value being said signal com- 
pression ratio of said signal. 

[0027] Preferably, the received points corresponding to 
respective of said external horizontal and vertical ideal 
values forming a second of said plurality of groups corre- 
sponding to said I/Q gain imbalance ratio impairment, said 
method, further comprises, after step bl), the steps of: 

[0028] b2) determining for each of said external 
vertical ideal values an average received point from 
the corresponding of said plurality of received 
points, an in-phase component of a vector going 
from corresponding of said external vertical ideal 
value to the corresponding average received point, 
and a signed average of said in-phase components; 



[0029] b3) determining for each of said external 
horizontal ideal values an average received point 
from the corresponding of said plurality of received 
points, a quadrature component of a vector going 
from corresponding of said external horizontal ideai 
value to the corresponding average received point, 
and a signed average of said quadrature components; 
a ratio of said signed average of said in-phase 
components to said signed average of said quadra- 
ture components being said I/Q gain imbalance ratio 
of said signal. 

[0030] Preferably, the received points corresponding to 
respective of said external horizontal and vertical ideal 
values forming a second of said plurality of groups corre- 
sponding to said I/Q phase imbalance impairment, said 
method, further comprises, after step b3), the steps of: 

[0031] b4) determining for each of said external 
horizontal ideal values an average received point 
from the corresponding of said plurality of received 
points, an in-phase component of a vector going 
from corresponding of said external horizontal ideal 
value to the corresponding average received pointy 
and a second signed average of said in-phase com- 
ponents; 

[0032] b5) determining for each of said external 
vertical ideal values an average received point from 
the corresponding of said plurality of received 
points, a quadrature component of a vector going 
from corresponding of said external vertical ideal 
value to the corresponding average received point; 
and a second signed average of said quadrature 
components, a ratio of said second signed average of 
said quadrature components to said second signed 
average of said in-phase components being a tangent 
value of said I/Q phase imbalance of said signal. 

[0033] Preferably, the received points corresponding to 
respective of said four outer corner ideal values and two 
middle of each of said external horizontal and vertical ideal 
values forming a third of said plurality of groups corre4 
sponding to said signal phase noise impairment, said 
method, further comprises, after step b5), the steps of: 

[0034] b6) determining for each of said four outer 
corner ideal values four sub-average received points 
of four subgroups from the corresponding of said 
plurality of received points, said four subgroups 
dividing the corresponding of said plurality of 
received points into four adjacent areas divided by 
two perpendicular lines respectively parallel to said 
in-phase and quadrature axis and intersecting each 
other at an average received point of the correspond- 
ing of said plurality of received points, said four 
sub-average received points forming two substan- 
tially tangential and radial segments of a respective 
ellipse having a respective length difference; 

[0035] b7) determining for each of said middle ideal 
values four second sub-average received points of 
four second subgroups from the corresponding of 
said plurality of received points, said four second 
subgroups dividing the corresponding of said plural- 
ity of received points into four adjacent areas divided 
by two perpendicular lines respectively at a forty-^ 
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five degree (45°) angle from said in -phase and 
quadrature axis and intersecting each other at a 
second average received point of the corresponding 
of said plurality of received points, said four second 
sub-average received points forming two substan- 
tially tangential and radial second segments of a 
respective ellipse having a respective second length 
difference, and a total average of all of said length 
and second length differences with said second 
length difference being increasingly weighted by 
essentially a square root of two factor, a ratio of said 
total average to the distance of one of said four 
corner ideal values to said origin being said phase 
noise of said signal. 

[0036] Preferably, the received points corresponding to 
respective of said innermost ideal values forming a fourth of 
said plurality of groups corresponding to both said signal to 
noise ratio and signal to interference ratio impairments, said 
method, further comprises, after step b7), the steps of: 

[0037] b8) determining for all of said innermost ideal 
values a distance between said plurality of received 
points and its corresponding of said innermost ideal 
values, a histogram distribution of said distances 
which substantially follows a normal distribution, 
and an average signal amplitude being an average of 
all distances of each of said plurality of said ideal 
values of said signal to said origin; 

[0038] b9) statistically determining best match values 
of said histogram distribution with a plurality of 
predetermined standard deviations and offsets of a 
peak of a respective normal distribution from a zero 
distance to determine a true standard deviation (a) 
and a true offset (A) by interpolating between said 
predetermined standard deviations and offsets 
around said best match values, ratios of said true 
standard deviation and said true offset to said aver- 
age signal amplitude being said signal to noise ratio 
and said signal to interference ratio impairment of 
said signal respectively. 

[0039] Preferably, in step b9), the best match values being 
statistically determined using a least mean square method, 
and said true standard deviation and true offset being deter- 
mined using linear interpolation method. 

[0040] Preferably, the fourth of said plurality of groups 
also corresponding to said clipping level impairment, said 
true standard deviation (a) and true offset (A) corresponding 
to a true normal distribution, said method, further comprises, 
after step b9), the step of: 

[0041] blO) determining a cumulative probability of 
occurrence of said distances being larger than a two 
true standard deviation (2a) distance from a center of 
said true distribution, a true quantity of said occur- 
rence, and a clipping ratio of said true quantity to 
said cumulative probability of occurrence, said clip- 
ping level being "clipping likely", "clipping" and 
"severe clipping" upon said clipping ratio between 
two and four, four and eight and larger than eight 
respectively. Preferably, the method is non-intrusive 
of said signal an adapted for an in-field signal 
detection at a receiver end of said data communica- 
tion system, said statistically significant number 
being between eight thousand and sixteen thousand. 



[0042] According to another aspect of the present inven- 
tion, there is provided a method for detecting and quantify- 
ing parameters of a received communication signal of a 
quadrature amplitude modulation data communication sys- 
tem represented by a specific coding, said method comprises 
the steps of: 

[0043] a) storing a statistically significant number of 
a plurality of operating parameters available and 
extracted from a signal demodulator of a receiver of 
said signal; 

[0044] b) analyzing said plurality of operating 
parameters to quantify said signal parameters of said 
signal and provide calculated values of the same; 

[0045] c) integrally displaying said calculated values 
of said signal parameters. 

[0046] Preferably, the signal parameters are selected from 
a group including real baud rate, real carrier frequency, 
amplitude and group delay response, and low frequency 
disturbance (hum). 

[0047] Preferably, the method further comprises, after step 
b), the steps of: 

[0048] bl) counting a MPEG (Motion Picture Expert 
Group) stream word rate over a specific time dura- 
tion of an order of magnitude of one second from 
said plurality of operating parameters; 

[0049] b2) determining a signal user bit rate and 
consequently said real baud rate parameter of said 
signal using said MPEG word rate and said specific 
coding, said real baud rate impairment being accu- 
rate within an accuracy of a counter time base of said 
demodulator. 

[0050] Preferably, the operating parameters include a con- 
trol word and a control word dimensional factor, said 
method further comprises, after step b2), the steps of: 

[0051] b3) performing a re-sampling of said operat- 
ing parameters to recover an actual baud rate of said 
signal; 

[0052] b4) determining said real carrier frequency 
parameter of said signal from said actual baud rate 
using a numerically controlled frequency generator 
having an output frequency being related to said 
actual baud rate by multiplying the latter (actual 
baud rate) by an average of said control word and 
dividing by said control word dimensional factor. 

[0053] Preferably, the signal being filtered by an equalizer 
of said receiver of said data communication system to 
compensate for linear distortions of said signal using com T 
plex coefficients, said distortions being frequency responses, 
phase responses and reflections, said operating parameters 
further include said complex coefficients from said equal- 
izer, said method further comprises, after step b4), the step 
of: 

[0054] b5) determining said amplitude and group 
delay response parameter of said signal by calculate 
ing an amplitude and a phase from said frequency 
responses and a group delay from said phase 
responses of said equalizer respectively using said 
complex coefficients. 
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[0055] Preferably, the signal is related to a power line, the 
method further comprises, after step b5), the steps of: 

[0056] b6) synchronizing a spectrum analyzer to said 
power line having a frequency and first harmonics 
being order of magnitude less than a frequency of 
said signal; 

[0057] b7) sampling sequences of an amplitude of 
said signal with a resolution bandwidth of a same 
order of magnitude as said signal using a typical 
functionality of said spectrum analyzer; 

[0058] b8) triggering said sequences to said fre- 
quency and first harmonics of said power line and 
averaging the same; 

[0059] b9) determining said low frequency distur- 
bance (hum) parameter of said signal by zooming on 
small amplitude modulation of said averaging to 
extract a peak-to-peak modulation. 
[0060] Preferably, the peak-to-peak modulation varies 
between 0.1 percent and 15 percent. 

[0061] Preferably, the method being non-intrusive of said 
signal an adapted for an in-field signal detection at said 
receiver, said statistically significant number being between 
twenty and two hundred. 

BRIEF DESCRIPTION OF THE DRAWINGS 
[0062] In the annexed drawings, like reference characters 
indicate like elements throughout. 

[0063] FIG. 1 shows an embodiment of a constellation 
display according to the present invention with the received 
points corresponding to the four (4) corner ideal values 
related to the signal compression ratio impairment; 

[0064] FIG. 2 is a view similar to FIG. 1 showing the 
received points corresponding to the group of thirty (30) 
ideal values related to the I/Q gain imbalance ratio impair- 
ment; 

[0065] FIG. 3 is a view similar to FIG. 2 related to the I/Q 
phase imbalance impairment; 

[0066] FIG. 4a is a view similar to FIG. 1 showing the 
received points corresponding to the group of twelve (12) 
ideal values related to the phase noise impairment; 

[0067] FIG. 4b is an enlarged view showing the received 
points corresponding to two of the ideal values of FIG. 4a; 

[0068] FIG. 5 is an enlarged view showing the received 
points corresponding to one of the ideal values related to the 
signal to noise ratio (wide band), signal to interference ratio 
(narrow band) and clipping level impairments; 

[0069] FIG. 6 is a histogram representation of the dis- 
tances of all of the received points of FIG. 5 showing a 
distribution subjected to a wide band noise only; 

[0070] FIG. 7 is a histogram similar to FIG. 6 related to 
both wide and narrow band noises; and 

[0071] FIG. 8 is a histogram similar to FIG. 6 related to 
both wide band noise and clipping. 

DETAILED DESCRIPTION OF THE 
PREFERRED EMBODIMENTS 
[0072] With reference to the annexed drawings the pre- 
ferred embodiments of the present invention will be herein 
described for indicative purposes and by no means as of 
limitation. 



[0073] The following description is made with the high 
order quadrature amplitude modulation (QAM) signals in 
mind, but the underlying principles are applicable to other 
Digitally Modulated Signals (DMS) with appropriate modi- 1 
fications that are obvious to people familiar with the art. 

[0074] Reference is made to specific modulation scheme - 
and channel coding as used in the cable television environ- 
ment. 

[0075] Also, it is referenced to continuously modulated 
signals, but pulsed (or bursty) signals could be similarly 
analyzed; the only difference is in the collection of data* 
whereas in the former case it can be collected at any time 
once the receiver has acquired the signal, in the latter 
condition the period of time for acquisition of signal and 
collection of data is restricted. 

[0076] Consequently, the following focuses on downT 
stream continuous QAM-64 and QAM-256 signals. 

[0077] The signal analyzers and receivers for digitally 
modulated signals are usually made of two major functional 
entities. 

[0078] At first the signal is processed in the "analog" 
world and afterward in the "digital" world. 

[0079] In the "analog" world the signal is effectively 
sampled and digitized by an Analog-to-Digital (A/D) conr 
verter to facilitate the processing and analysis. Nevertheless 
the processing is analog-like with filters, Phase Locked 
Loops (PLL) acting on the digitized analog signal. 

[0080] The interface between analog and digital worlds 
takes place where a "decision" is taken on the "value" of the 
signal and consequently the digital word conveyed by the 
signal. 

[0081] Digital processing is then concerned with the chan T 
nel coding (such as error detection and correction) as well as 
data format (data streams and protocols). 

[0082] Analog Processing 

[0083] This analog processing includes the following; 
carrier frequency and phase recovery, symbol clock recovr 
ery and equalizer filter. 

[0084] The carrier frequency and phase recovery function 
is to regenerate a receiver carrier signal that is locked in 
phase and frequency to the carrier of the source signal even 
though the modulation scheme contains only the modulated 
signal without residual carrier. In complex modulation such 
as QAM, the modulated carrier constantly varies in ampli-r 
rude and phase with the modulation content. 

[0085] The symbol clock recovery function is to regener-: 
ate a receiver clock that is synchronized with the received 
symbols or modulation data in order to sample the incoming 
signal at the optimum time when the data is "valid" and not 
during the transition between two received symbols. 

[0086] The equalizer function is a time linear filter, using 
past and future samples (relative to the reference sample) 
that are added to the reference sample through complex 
multipliers. Normally the coefficients of the multipliers are 
adaptive ly determined to minimize the Inter-Symbol Inter^ 
ference. This effectively compensates for linear distortion of 
the signal (frequency response, phase response and reflec- 
tions). 
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[0087] Once the carrier and the symbol clock are recov- 
ered (the equalizer is optional, but normally used) the 
sampled and digitized input signal can be demodulated. In 
the typical example of complex modulation such as QAM, 
the demodulated signal will take a complex value, given 
along two, preferably orthogonal, axes known as In-phase 
and Quadrature (relative to the reference carrier) referring to 
standard X & Y axes respectively. The amplitudes in these 
two axes are referred to the Soft Decision (SD) values. They 
are frequently displayed in an I-Q plane known as constel- 
lation of a square pattern. 

[0088] Digital Demodulation 

[0089] The original source signal takes specific ideal val- 
ues with corresponding ideal components in the I and Q axes 
according to the transmitted code, but the received signal 
deviates from the ideal value because of impairments: 
distortions (non-linear plus linear), by noise, by interference, 
etc. Hence the receiver has to make a decision about the 
transmitted value based on the received value (or point). As 
there are specific transmitted values, one can set boundaries 
between adjacent ideal values. A complex received value (or 
point) then falls in one of the regions between boundaries 
and then assigned the ideal value corresponding to the center 
between boundaries. The transmitted code is extracted from 
these decisions. If the impairments in the channel were large 
enough, so that the received value (or point) deviates suf- 
ficiently to cross one's boundary and correspond to a dif- 
ferent code than the transmitted one, there is an error in 
reception. 

[0090] The digital demodulation in many instances has 
further steps of processing to minimize transmission errors. 
Amongst the latter, there are "trellis" coding, FEC using 
Reed Solomon codes as well as interleaving that spread a 
cluster of errors into a large number of small errors that FEC 
will easily correct. 

[0091] Non-linear Transmission Channel Impairments 

[0092] There is a multiplicity of impairments in the trans- 
mission channel from the source through the media to the 
receiver. 

[0093] The following are serious impairments: compres- 
sion (non-linear gain at any point in the chain), I/Q Gain 
imbalance (difference between the In-phase and Quadrature 
path in the modulator), I/Q phase imbalance (the phase 
difference between the In-phase carrier and the Quadrature 
carrier in the modulator is not exactly ninety degrees (90°)), 
Phase Noise (jitter in the carrier or in the oscillators of any 
frequency conversion), Noise (additive thermal noise from 
any active device or wide band interferer with noise-like 
characteristic), Narrow band interferer (an interference sig- 
nal whose occupied bandwidth is small relative to the 
desired signal occupied bandwidth, it can be or is acting as 
a Continuous Wave (CW)), Clipping (hard saturation of 
transmission media such as laser saturation in optical link). 

[0094] A different algorithm is defined for each type of 
impairment, using selected groups (or samples) of the signal 
(received signal) out of the continuous flow of Soft Decision 
symbol value points (in I and Q components form). A 
collection of a sufficient number of data points has to be 
performed to have a statistical significance, such as between 
eight and sixteen thousands (8000 and 16000) points, pref- 
erably 8192, spread over sixty-four (64) (or two hundred and 



fifty-six (256)) symbol locations (or clusters) for QAM-64 
(or QAM -256), i.e. one hundred and twenty-eight (128) (or 
thirty-two (32)) points within the boundaries for each sym- 
bol location. Each symbol location corresponds to a respec- 
tive of the ideal values of the signal that are distributed 
around the origin of the constellation display. The symbols 
(or clusters) determine a plurality of rows and columns 
forming a square shape pattern. The latter defines different 
combinations of symbols corresponding to specific groups 
of received points referring to respective impairments. 

[0095] Compression 

[0096] Compression occurs in active devices where gain is 
not linear with amplitude, the large amplitude signals are not 
amplified as much as the low ones. On the constellation 
display it is typically shown as a shrinking of the outer 
portion. It is most visible in the four (4) outer corners that 
are shifted toward the center. 

[0097] The following corresponding analysis algorithm is 
depicted in FIG. 1, for a QAM-64 constellation 20. It is to 
be noted that for clarity purposes, only the clusters 22 of the 
selected combination (or group) are shown with received 
points 24 in respective FIGS. 1 to 5. 

[0098] A first group of sampled received points 24a cor T 
responding to the clusters 22a of the four (4) outer corners 
combination is selected to calculate the average values (I & 
Q) for each of the four (4) clusters 22a, giving a "center of 
gravity"26 for each cluster 22a. For each of these clusters, 
a vector 28 from the corresponding ideal symbol location 30 
(center) to the average value is calculated. Then, a signed 
average of the four (4) radial components of these four (4) 
vectors 28, referenced to the center origin 32 of the con- 
stellation is calculated. The ratio of this signed average to the 
nominal distance from the origin to the outer corner ideal 
values 30 is a ratio of compression, it can be expressed in 
percent (%) or in decibel (dB). 

[0099] I/Q Gain Imbalance 

[0100] Complex modulation normally uses two (2) chan- 
nels in quadrature in the modulation process (rarely in the 
demodulation). If the gain of the two (2) channels is not 
exactly the same it shows as a distortion of the constellation 
pattern 20, with a difference between the distribution of the 
points 24b along the vertical (quadrature) and horizontal 
(in-phase) axis. In an actual operating demodulator with the 
equalizer set to ON the picture is not as obvious. 

[0101] The equalizer tends to maximize MER, i.e. to 
concentrate points 24 toward their ideal value symbol loca- 
tion 30. As the I/Q gain difference acts differently on both 
axis, the equalizer will tend to reduce the highest gain but at 
the same time reduces the lowest and vice versa. The 
equalizer hunts between two (2) conditions, reducing the 
highest gain and increasing the lowest. The effect is mostly 
noticeable on the outer symbols 22b at the periphery of the 
constellation 20. 

[0102] The twenty-eight (28) (or sixty (60)) clusters 22b 
on the outer edge (or periphery) of the QAM-64 (or QAM? 
256) constellation 20 are then considered and analyzed for 
I/Q gain imbalance. 

[0103] The following corresponding analysis algorithm is 
depicted in FIG. 2, for a QAM-64 constellation 20. 
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[0104] Once the signal has been acquired and the equalizer 
has settled close to optimum, the equalizer is "frozen" to 
prevent further hunting and a second group of sampled 
received data points 24b are collected. 

[0105] The points 24b of the second group correspond to 
the twenty -eight (28) (or sixty (60)) clusters 22b of the four 
(4) outer rows 34 and columns 36 clusters combination. 

[0106] A "center of gravity"26 components for each clus- 
ter 22b is determined by averaging the components of the 
corresponding points 246 in each horizontal and vertical 
axis. 

[0107] A I-horizontal signed average error in the I axis 
(horizontal) for the sixteen (16) (or thirty-two (32)) outer 
vertical columns 36 and a Q-vertical signed average error in 
the Q axis (vertical) for the outer sixteen (16) (or thirty-two 
(32)) outer horizontal rows 34 are then calculated. 

[0108] The I/Q gain imbalance is equal to the ratio of the 
I-horizontal to the Q-vertical signed averages. The ratio can 
be expressed in dB or in %. 

[0109] I/Q Phase Imbalance 

[0110] Complex modulation normally uses two (2) chan- 
nels in quadrature in the modulation process (seldom in the 
demodulation), if the phase difference between the two (2) 
carriers is not exactly ninety (90) degrees, the constellation 
20 is shifted from a square into an inclined parallelogram. 

[0111] The equalizer tends to maximize MER, i.e. to 
concentrate points 24 toward their ideal value symbol loca- 
tion 30. As the I/Q phase imbalance acts differently on both 
axis, the equalizer will tend to reduce the shift phase on I 
carrier but at the same time it will shift on the Q carrier and 
vice versa. The equalizer hunts between two (2) conditions. 

[0112] The same twenty-eight (28) (or sixty (60)) clusters 
22b on the outer edge of the QAM-64 (or QAM-256) 
constellation 20 are analyzed for I/Q phase imbalance. 

[0113] The following corresponding analysis algorithm is 
depicted in FIG. 3, for a QAM-64 constellation 20. 

[0114] Considering the same selection of the second group 
of points 24b, a Q-horizontal signed average error in the I 
axis (horizontal) for the sixteen (16) (or thirty-two (32)) 
outer horizontal rows 34 and a I-vertical signed average 
error in the Q axis (vertical) for the outer sixteen (16) (or 
thirty-two (32)) outer vertical columns 36 are then calcu- 
lated. 

[0115] The I/Q phase imbalance is derived from the ratio 
of the I-vertical to the Q-horizontal signed averages. The 
ratio is generally expressed in degrees or radians with the 
arctangent function. 

[0116] Phase Noise 

[0117] When either the modulator carrier or any oscillator 
in a frequency conversion in the transmission path has some 
phase jitter, it will induce a rotation of the whole constel- 
lation pattern 20 around its center origin 32. It shows up 
mostly in the outer rows 34 and columns 36 of the constel- 
lation 20. The received points 24c of the four (4) outer 
corners clusters 22c form an elongated shape at forty-five 
degrees (45°), tangential (i.e. perpendicular) to a radial line 
from the origin 32. The received points 24c' of the two (2) 



middle clusters 22c 1 on the four (4) outer rows 34 and 
columns 36 form an elongated shape also tangential to the 
origin 32. 

[0118] The received points 24c,24c' of this twelve (12) 
cluster 22c,22c' combination form a third group that is 
analyzed for phase noise. 

[0119] The following corresponding analysis algorithm is 
depicted in FIGS. 4a and 4b t for a QAM-64 constellation 
20. 

[0120] For each of the twelve (12) clusters 22c,22c\ a 
"center of gravity"26 is determined by the average of all 
respective received points 24c,24c\ Then the received points 
24c of each outer corner symbol 22c are split in four (4) 
subgroups by two vertical 38 and horizontal 39 lines inter- 
secting each other at its center of gravity 26. Similarly, the 
received points 24c' of each middle symbol 22c 1 are split in 
four (4) subgroups by two perpendicular lines 40,41 respec- 
tively at a forty-five degree (45°) angle from the in-phase 
and quadrature directions and intersecting each other at its 
center of gravity 26, as shown in FIG. 4b. 

[0121] A subgroup average 27,27' is calculated for each 
one of the four (4) subgroups of each cluster 22c,22c\ These 
four (4) subgroup averages 27,27' form two substantially 
tangential and radial segments 42,43 having a respective 
length difference. 

[0122] Then, a total average of all twelve (12) length 
differences is calculated with the eight (8) length differences 
from the middle clusters 22c' are weighted up by a square 
root of two (1.4142) factor. This total average is divided by 
the distance from the ideal center 30 of one of the corner 
clusters 22c to the origin 32 of the constellation 20. This is 
the ratio of the average peak-to-peak phase noise to the 
amplitude of the signal. It can be expressed in % or dB, or 
using the arctangent function, it can be given in degrees or 
radians. 

[0123] Noise or Wide Band Interferer 

[0124] Thermal noise, quantizing noise or other similarly 
wide band noise with a relatively flat Power Density Func- 
tion (PDF) is always added to the source signal in the 
transmission channel. It adds up independently of the sym- 
bols and then has an equal effect over all of the constellation 
points 24/clusters 22. Similarly, an interferer that is wide 
band and noise-like adds up and is indistinguishable from 
thermal noise. This type of interferer may be, but not limited 
to, another QAM channel with same signal bandwidth or 
inter-modulation from various other wide band signals. 

[0125] The previous four (4) disturbances/impairments 
(compression, I/Q gain, I/Q phase and phase noise) were 
more pronounced on the outer portion of the constellation 20 
and consequently the groups of sampled received points 24 
were selected from symbols 22 on the outer portion of the 
constellation 20. As noise effect is the same across the 
constellation, and the four (4) previous disturbances less 
pronounced around the origin 32, a combination of the 
innermost symbols 22d at the center origin 32 of the 
constellation 20 is selected and analyzed. For instance, a 
fourth group of the received points 24d of the sixteen (16) 
(or sixty-four (64)) innermost (and centermost) symbols 22d 
(4x4 or 8x8) are used in QAM-64 (or QAM-256) signals/ 
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[0126] The following corresponding analysis algorithm is 
depicted in FIGS. 5 and 6. 

[0127] For each of the selected received points 24d of the 
group, the distance 44 of the same to its respective ideal 
value symbol center 30 is calculated (see FIG. 5) and a 
histogram 46 (see FIG. 6) of the distribution of these 
distances 44 is generated. For wide band interference, the 
highest density point should be at distance zero (0), but in 
real life, it is at some ofiset because of narrow band 
interference. Consequently, a common algorithm described 
below is used to extract noise or wide band as well as narrow 
band interference. 

[0128] Narrow Band or CW Interferer 

[0129] A narrow band interferer is a signal whose occu- 
pied bandwidth is significantly smaller than the signal 
bandwidth (approximately <V£oth). It could be a CW or 
coherent distortions such as Composite Triple Beat or Com- 
posite Second Order products in a cable system. Their 
narrow band characteristic makes them a coherent addition 
to the desired signal such that it appears as an amplitude 
offset to the ideal symbol location but with a rotating phase 
shift. On the constellation pattern 20, it is represented as a 
"Doughnut" cluster 22d with lesser density in the center and 
a maximum density in a circle around the center 30. As for 
noise, the effect is the same on all symbols 22, and for the 
same reasons as for noise, the same fourth group of received 
points 24d from the central portion of the constellation 20 
are considered. 

[0130] The following corresponding analysis algorithm is 
depicted in FIGS. 5 and 7. 

[0131] Using the histogram 46' (see FIG. 7) generated 
above, both wide band and narrow band interference are 
analyzed together. 

[0132] Noise or noise-like interference has a "normal" 
distribution, i.e. it can be characterized by the standard 
deviation (a). As well known in the art, the la deviation 
includes 68% of all samples, 2o includes 95% of all 
samples, 3a will include 99% of all samples. 

[0133] The la deviation is the Root Mean Square (RMS) 
noise amplitude. 

[0134] On the other hand the narrow band interference 
causes a displacement of the normal distribution off from the 
zero distance center. 

[0135] As the histogram 46' gives a distribution of the 
distance 44 of the received points 24d from their respective 
ideal value center 30 regardless of angle, the superposition 
of wide band and narrow band dispersion distorts the normal 
distribution. If there was a large narrow band relative to wide 
band, there would be a normal "bell" shaped distribution 
(wide band noise defined by a) whose peak value is offset by 
the amplitude "A" of the narrow band interference. 

[0136] As "A" is reduced relative to a, portion of the 
"skirt" of the bell would have a negative value and is 
effectively folded over around the zero distance axis; down 
to a point where "A" is zero (0) and the first half of the bell 
curve is folded over the other half. 

[0137] The algorithm purpose is to extract a and "A" from 
the actual histogram 46' generated with the received points 
24d. 



[0138] Although various mathematical functions could be 
used, the one described herein below is preferred as rela- 
tively simple for implementation in an instrument with 
regard to programming simplicity and speed of execution.; 

[0139] A set of predetermined histograms are pre-calcu T 
lated by varying both a and "A"; they can easily be provided 
in a matrix of a vs. "A"; of 8x8 size for example. 

[0140] Then the signal driven histogram 46' is preferably 
compared with Least Mean Square (LMS) calculation to 
those in the matrix to get the best match values. 

[0141] The Mean Square values calculated in the a and 
"A" axis of the matrix from the best match values are 
preferably smoothed with cubic spline function, and the 
minimum is preferably linearly interpolated giving the true 
a and "A" of the signal driven histogram 46'. 

[0142] The ratios of the a and "A" to the average ampli- 
tude of the signal provide the signal to noise ratio and the 
signal to interference ratio. The average signal amplitude is 
0.65 of the peak value for QAM-64 or 0.62 for QAM-256; 
The ratios can be expressed in dB. 

[0143] Clipping 

[0144] In the transmission channel, clipping or hard limi- 
tation creates large errors that are independent of the other 
disturbances/impairments. Clipping can occur when a laser 
saturates, for example. It occurs with a similar fashion on all 
symbols/clusters of the constellation, so for the same rea-| 
sons as with noise and CW, the same fourth group of 
received points 24d from the innermost symbols 22^ com- 
bination of the constellation 20 are considered. 

[0145] Received points 24d disturbed by clipping are 
located anywhere within the boundaries of each cluster 22d; 
and do not follow a normal distribution with or without 
narrow band offset. Consequently, the probability of occur- 
rence of clipping can be derived when a significant number 
of data points 24d (i.e. distances) in the histogram 46" do not 
fall within the normal distribution. 

[0146] The following corresponding analysis algorithm is 
depicted in FIGS. 5 and 8. 

[0147] When pre-calculating the matrix of histograms of a 
vs. "A", the Cumulative Probability of Occurrence (CPO) 
outside of 2a and the distance from center corresponding to 
2a are also calculated. 

[0148] Using the histogram 46" generated in the noise and 
narrow band algorithm, the number of data points 24d of 
distances 44" larger than this 2o distance are cumulated and 
compared to the CPO calculated value (see FIG. 8). 

[0149] If the actual number is between twice and four (4) 
times the CPO calculated value, "Clipping likely" is 
declared, if the number is between four (4) and eight (8) 
times the CPO value "Clipping" is declared, and if the 
number is larger than 8 times the CPO value "Severe 
clipping" is declared. 

[0150] Real Baud Rate 

[0151] Digital modulation is a continuous process of 
changes from one symbol (or modulation code) to the next 
through a trajectory. As consecutive symbols are apparently 
random so are trajectories, it is not obvious how to "count" 
the real symbol rate with high accuracy. 
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[0152] Digitally modulated signals arc usually comprised 
of the payload (user data) plus some channel coding, i.e. 
additional bits and/or symbols used for transmission errors 
detection and correction or for "framing" of the payload. 
Consequently, there is a larger effective bit rate in the 
transmission channel (channel coding effect) than at the user 
interface (payload). But for each specific coding represent- 
ing a signal, there is a known relationship between the two. 

[0153] The proposed method, in the case of a CATV 
system using ITU J83 Annex A, B or C format, is to count 
in the Motion Picture Expert Group (MPEG) payload stream 
the word rate over a sufficiently long period i.e. an order of 
magnitude of one second substantially, and use the specific 
coding relationship to calculate the real channel bit rate and 
consequently the RBR (real baud rate) with the accuracy of 
the counter time base i.e. 1 ppm (part per million). All 
operating parameters associated with a signal are provided 
by and extracted from a signal demodulator since they are 
available from the same, preferably located within the 
receiver. 

[0154] The user bit rate is eight (8) times the MPEG word 
rate. As for example, for the specific case of J83 Annex B in 
QAM-256, the ratio of the channel bit rate and user bit rate 
is related to: the trellis coding 20/19, the FEC frame length 
of sixty (60) packets of 128 symbols of seven (7) bits, FEC 
frame trailer of forty (40) bits, the Reed-Solomon FEC of 
128/122, hence bit rate ratio is 1.104,960,613. As both 
constellation and MPEG words are eight (8) bits, the RBR 
and MPEG word ratio is also 1.104,960,613. 

[0155] Real Carrier Frequency 

[0156] A QAM signal is a suppressed carrier modulation, 
only information carrying sidebands are transmitted. Con- 
sequently it is difficult to measure the suppressed carrier. On 
the other hand, a carrier recovery mechanism is used for 
demodulation with a PLL, in analog form or in digital form. 
The nominal carrier frequency is a reference frequency for 
the PLL. The Loop correction value (together with the 
frequency/value relationship) is a measure of the real carrier, 
somewhat offset from nominal. 

[0157] In the specific case of a CATV system and using a 
Broadcom BCM 3125 QAM receiver, the incoming signal is 
sampled (or often sub-sampled) for all digital demodulation. 
First an internal re-sampling (Sample Rate Conversion) is 
performed to recover the baud rate. From there the carrier is 
recovered in relation to the actual baud rate. This recovery 
uses a numerically controlled frequency generator whose 
output frequency is related to its clock (in this case the baud 
rate) by the product of: control word*(l/2 23 )*clock. The 2 23 
factor is the control word dimensional factor. 

[0158] By reading and averaging the value of the control 
word, the carrier recovered frequency is calculated. 

[0159] Equalizer Frequency and Delay Response 

[0160] The equalizer is a time linear filter, using past and 
future samples (relative to the reference sample) that are 
added to the reference sample through complex multipliers. 
Normally the coefficients of the multipliers are adaptively 
determined to minimize the Inter-Symbol Interference. This 
effectively compensates for linear distortions of the signal 
such as frequency response, phase response and reflections. 
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[0161] The proposed method of the signal parameters' 
measurement system comprises the reading of the complex 
coefficients of the equalizer, from these and using known 
techniques in the art (such as Fast Fourier Transforms (FFT) 
and the like), the method calculates the amplitude and phase 
vs. frequency responses of the filter and the group delay 
from the phase responses, to finally display on the screen of 
the instrument the amplitude and group delay for the opera- 
tor to interpret channel signal parameters. 

[0162] Also a quantitative equalizer activity factor is pref- 
erably displayed. The latter is the linear summations of the 
polar amplitude of all equalizer coefficients less the refer4 
ence one, and can be displayed either as in a linear percent 
(%) form or a logarithmic (dB) scale. 

[0163] Hum On Digital Signals 

[0164] Hum or low frequency disturbances is a low fre- 
quency amplitude modulation of signals. It is most fre- 
quently caused by power line related problems (power 
supplies and the like). It is then a disturbance having 
frequency and its first harmonics of the power line related 
problem. 

[0165] In the analog modulation there are well established 
methods of measurement either in-service or out-of-service; 
These methods rely on the detection of very small amplitude 
modulation of the signal at least at reference points in time 
(analog TV in-service). 

[0166] In the case of digital modulation there is no ampin 
tude references. 

[0167] But in the case of embodiment for high order 
QAM, the average power is constant (less the hum modu- 
lation), baud variations are much faster, in the order of few 
MHz, than power line frequency of 60 or 50 Hz and its first 
harmonics less than 1 kHz. 

[0168] The proposed method is to use spectrum analyzer 
functionality to sample the signal amplitude with a resoIu T 
lion bandwidth of the same order of magnitude as the signal 
(i.e. 1 or 3 MHz) for the 6 MHz signal, but a small video 
bandwidth (1 kHz); to trigger the sampling sequences to the 
power line and apply averaging preferably over between 
twenty (20) and two hundred (200) averages. By zooming 
onto the small amplitude modulation, a peak-to-peak modu- 
lation from one tenth (0.1%) of a percent to fifteen percent 
(15%) can be extracted. 

[0169] Although embodiments of the invention have been 
illustrated in the accompanying drawing and described in the 
foregoing detailed description, it will be understood that the 
invention is not limited to the embodiments disclosed, but is 
capable of numerous rearrangements, modifications, and 
substitutions without departing from the scope of the inven4 
tion. 

We claim: 

1. A method for detecting and quantifying impairments of 
a received communication signal of a quadrature amplitude 
modulation (QAM) data communication system represented 
by a plurality of ideal values, said method comprising the 
steps of: 

a) storing a statistically significant number of a plurality 
of received points of said signal for each of said ideal 
values corresponding to a plurality of groups of said 
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plurality of ideal values, each of said received points 
being defined by an in-phase and a quadrature compo- 
nents in a coordinate system in which a first axis is an 
in-phase axis and a second axis is a quadrature axis, 
said components having corresponding ideal compo- 
nents from their respective of said ideal values, each of 
said groups corresponding to a respective of said 
impairments and being specific to the same; 

b) analyzing said components of said received points of 
respective of said groups in relation with their respec- 
tive of said ideal components of said ideal values to 
quantify said impairments of said signal and provide 
calculated values of the same; 

c) displaying said calculated values of said impairments. 

2. A method as defined in claim 1, further comprising, 
after step c), the following step of: 

d) storing said calculated values of said impairments, 
thereby allowing an unmanned monitoring of said 
communication signal. 

3. A method as defined in claim 1, wherein said impair- 
ments are selected from a group including signal compres- 
sion ratio, I/Q gain imbalance ratio, I/Q phase imbalance, 
phase noise, signal to noise ratio, signal to interference ratio 
and clipping level. 

4. A method as defined in claim 3, wherein said plurality 
of ideal values being distributed around an origin of said 
coordinate system in a plurality of adjacent rows and col- 
umns forming a square shape pattern, said rows and columns 
being in a direction of said in-phase axis and said quadrature 
axis respectively, said pattern defining four outer corner 
ideal values, external horizontal and vertical ideal values of 
said two outermost of said rows and two outermost of said 
columns respectively, internal ideal values in a center prox- 
imity of said origin, different combinations of said received 
points corresponding to respective of said defined ideal 
values forming said plurality of groups. 

5. A method as defined in claim 4, wherein said received 
points corresponding to respective of said four outer corner 
ideal values forming a first of said plurality of groups 
corresponding to said signal compression ratio impairment, 
said method, further comprising, after step b), the step of: 

bl) determining for each of said four outer corner ideal 
values an average received point from the correspond- 
ing of said plurality of received points, a radial com- 
ponent of a vector going from corresponding of said 
outer corner ideal value to the corresponding average 
received point, and a signed average of said radial 
components, the ratio of the latter to a nominal distance 
from said origin to one of said outer corner ideal value 
being said signal compression ratio of said signal. 

6. A method as defined in claim 5, wherein said received 
points corresponding to respective of said external horizon- 
tal and vertical ideal values forming a second of said 
plurality of groups corresponding to said I/Q gain imbalance 
ratio impairment, said method, further comprising, after step 
bl), the steps of: 

b2) determining for each of said external vertical ideal 
values an average received point from the correspond- 
ing of said plurality of received points, an in-phase 
component of a vector going from corresponding of 
said external vertical ideal value to the corresponding 
average received point, and a signed average of said 
in-phase components; 
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b3) determining for each of said external horizontal ideal 
values an average received point from the correspond-; 
ing of said plurality of received points, a quadrature 
component of a vector going from corresponding of 
said external horizontal ideal value to the correspond- 
ing average received point, and a signed average of said 
quadrature components, a ratio of said signed average 
of said in-phase components to said signed average of 
said quadrature components being said I/Q gain imbal- 
ance ratio of said signal. 

7. A method as defined in claim 6, wherein said received 
points corresponding to respective of said external horizon-i 
tal and vertical ideal values forming a second of said 
plurality of groups corresponding to said I/Q phase imbal- 
ance impairment, said method, further comprising, after step 
b3), the steps of: 

b4) determining for each of said external horizontal ideal 
values an average received point from the correspond- 
ing of said plurality of received points, an in-phase 
component of a vector going from corresponding of 
said external horizontal ideal value to the correspond- 
ing average received point, and a second signed aver- 
age of said in-phase components; 

b5) determining for each of said external vertical ideal 
values an average received point from the correspond- 
ing of said plurality of received points, a quadrature 
component of a vector going from corresponding of 
said external vertical ideal value to the corresponding 
average received point, and a second signed average of 
said quadrature components, a ratio of said second 
signed average of said quadrature components to said 
second signed average of said in-phase components 
being a tangent value of said I/Q phase imbalance of 
said signal. 

8. A method as defined in claim 7, wherein said received 
points corresponding to respective of said four outer corner 
ideal values and two middle of each of said external hori- 
zontal and vertical ideal values forming a third of said 
plurality of groups corresponding to said signal phase noise 
impairment, said method, further comprising, after step b5); 
the steps of: 

b6) determining for each of said four outer corner ideal 
values four sub-average received points of four sub^ 
groups from the corresponding of said plurality of 
received points, said four subgroups dividing the cor- 
responding of said plurality of received points into four 
adjacent areas divided by two perpendicular lines 
respectively parallel to said in-phase and quadrature 
axis and intersecting each other at an average received 
point of the corresponding of said plurality of received 
points, said four sub-average received points forming 
two substantially tangential and radial segments of a 
respective ellipse having a respective length difference; 

b7) determining for each of said middle ideal values four 
second sub-average received points of four second 
subgroups from the corresponding of said plurality of 
received points, said four second subgroups dividing 
the corresponding of said plurality of received points 
into four adjacent areas divided by two perpendicular 
lines respectively at a forty-five degree (45°) angle 
from said in-phase and quadrature axis and intersecting 
each other at a second average received point of the 
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corresponding of said plurality of received points, said 
four second sub-average received points forming two 
substantially tangential and radial second segments of 
a respective ellipse having a respective second length 
difference, and a total average of all of said length and 
second length differences with said second length dif- 
ferences being increasingly weighted by essentially a 
square root of two factor, a ratio of said total average 
to the distance of one of said four corner ideal values 
to said origin being said phase noise of said signal. 

9. A method as defined in claim 8, wherein said received 
points corresponding to respective of said innermost ideal 
values forming a fourth of said plurality of groups corre- 
sponding to both said signal to noise ratio and signal to 
interference ratio impairments, said method, further com- 
prising, after step b7), the steps of: 

b8) determining for all of said innermost ideal values a 
distance between said plurality of received points and 
its corresponding of said innermost ideal values, a 
histogram distribution of said distances which substan- 
tially follows a normal distribution, and an average 
signal amplitude being an average of all distances of 
each of said plurality of said ideal values of said signal 
to said origin; 

b9) statistically determining best match values of said 
histogram distribution with a plurality of predeter- 
mined standard deviations and offsets of a peak of a 
respective normal distribution from a zero distance to 
determine a true standard deviation (a) and a true offset 
(A) by interpolating between said predetermined stan- 
dard deviations and offsets around said best match 
values, ratios of said true standard deviation and said 
true offset to said average signal amplitude being said 
signal to noise ratio and said signal to interference ratio 
impairment of said signal respectively. 

10. A method as defined in claim 9, wherein in step b9) 
said best match values being statistically determined using a 
least mean square method, and said true standard deviation 
and true offset being determined using linear interpolation 
method. 

11. A method as defined in claim 9, wherein said fourth of 
said plurality of groups also corresponding to said clipping 
level impairment, said true standard deviation (a) and true 
offset (A) corresponding to a true normal distribution, said 
method, further comprising, after step b9), the step of: 

blO) determining a cumulative probability of occurrence 
of said distances being larger than a two true standard 
deviation (2a) distance from a center of said true 
distribution, a true quantity of said occurrence, and a 
clipping ratio of said true quantity to said cumulative 
probability of occurrence, said clipping level being 
"clipping likely", "clipping" and "severe clipping" 
upon said clipping ratio between two and four, four and 
eight and larger than eight respectively. 

12. A method as defined in claim 11, wherein said signal 
being represented by a specific coding, said signal param- 
eters are selected from a group including real baud rate, real 
carrier frequency, amplitude and group delay response, and 
low frequency disturbance (hum), said method further 
detecting and quantifying said signal parameters, said 
method further comprising, after step c), the steps of: 
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d) storing a statistically significant number of a plurality 
of operating parameters available and extracted from a 
signal demodulator of a receiver of said signal; 

e) analyzing said plurality of operating parameters to 
quantify said signal parameters of said signal and 
provide calculated values of the same; 

f) integrally displaying said calculated values of said 
signal parameters. 

13. A method as defined in claim 1, wherein said method 
being non-intrusive of said signal an adapted for an in- field 
signal detection at a receiver end of said data communica-f 
tion system, said statistically significant number being 
between eight thousand and sixteen thousand. 

14. A method for detecting and quantifying parameters of 
a received communication signal of a quadrature amplitude 
modulation data communication system represented by a 
specific coding, said signal parameters are selected from a 
group including real baud rate, real carrier frequency, ampli- 
tude and group delay response, and low frequency disturb 
bance (hum), said method comprising the steps of: 

a) storing a statistically significant number of a plurality 
of operating parameters available and extracted from a 
signal demodulator of a receiver of said signal; 

b) analyzing said plurality of operating parameters to 
quantify said signal parameters of said signal and 
provide calculated values of the same; 

c) integrally displaying said calculated values of said 
signal parameters. 

15. A method as defined in claim 14, further comprisingi 
after step b), the steps of: 

bl) counting a MPEG (Motion Picture Expert Group) 
stream word rate over a specific time duration of an 
order of magnitude of one second from said plurality of 
operating parameters; 

b2) determining a signal user bit rate and consequently 
said real baud rate parameter of said signal using said 
MPEG word rate and said specific coding, said real 
baud rate impairment being accurate within an accu-r 
racy of a counter time base of said demodulator. 

16. A method as defined in claim 15, wherein said 
operating parameters include a control word and a control 
word dimensional factor, said method further comprising, 
after step b2), the steps of: 

b3) performing a re-sampiing of said operating pararrh 
eters to recover an actual baud rate of said signal; 

b4) determining said real carrier frequency parameter of 
said signal from said actual baud rate using a numeriT 
cally controlled frequency generator having an output 
frequency being related to said actual baud rate by 
multiplying the latter (actual baud rate) by an average 
of said control word and dividing by said control word 
dimensional factor. 

17. A method as defined in claim 16, wherein said signal 
being filtered by an equalizer of said receiver of said data 1 
communication system to compensate for linear distortions 
of said signal using complex coefficients, said distortions 
being frequency responses, phase responses and reflections, 
said operating parameters further include said complex 
coefficients from said equalizer, said method further com : 
prising, after step b4), the step of: 
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b5) determining said amplitude and group delay response 
parameter of said signal by calculating an amplitude 
and a phase from said frequency responses and a group 
delay from said phase responses of said equalizer 
respectively using said complex coefficients. 
18. A method as defined in claim 17, wherein said signal 
being related to a power line, said method further compris- 
ing, after step b5), the steps of: 

b6) synchronizing a spectrum analyzer to said power line 
having a frequency and first harmonics being order of 
magnitude less than a frequency of said signal; 

b7) sampling sequences of an amplitude of said signal 
with a resolution bandwidth of a same order of mag- 
nitude as said signal using a typical functionality of 
said spectrum analyzer; 



b8) triggering said sequences to said frequency and first 
harmonics of said power line and averaging the same; 

b9) determining said low frequency disturbance (hum) 
parameter of said signal by zooming on small ampli- 
tude modulation of said averaging to extract a peak- 
to-peak modulation. 

19. A method as defined in claim 18, wherein said 
peak-to-peak modulation varies between one tenth (0.1) of 
a percent and fifteen (15) percent. 

20. A method as defined in claim 19, wherein said method 
being non-intrusive of said signal an adapted for an in- fie Id 
signal detection at said receiver, said statistically significant 
number being between twenty (20) and two hundred (200); 

***** 
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